Experiments were performed to determine the ability of human listeners to discriminate between a sound with a large number of spectral components in a band, of given characteristic frequency and bandwidth, and a sound with a smaller number of components in that band. A pseudorandom placement of the components within the band ensured that nOtwo sounds were identical. The data suggested that discrimination is primarily based upon the perception of temporal fluctuations in the intensity of the sound and secondarily upon resolved structure in the spectrum, perceived as tone color. Experiments using clusters of complex harmonic sounds showed that listeners are able to use the information in upper harmonic bands to discriminate spectral density. 
INTRODUCTION
The work presented in this paper is an attempt to discover how human listeners discriminate between sounds with different spectral densities when the spectral density for both sounds is high. Experimentally, we posed the following question: How many discrete spectral components must there be in a given frequency band so that the resulting sound is indistinguishable from a noise with an arbitrarily large number of components in that band? Schafer et al. (1950) studied a related question. They found the minimum density of sine components for which the masking of a sine tone was the same as the masking produced by thermal noise. These authors concluded that in order to provide masking equivalent to a band of thermal noise 32 Hz wide, a spectral density of one sine wave component per Hz was required.
The question of discrimination between large and small spectral densities was posed by one of us (Oerzso, 1980) in connection with the synthesis of dense spectra by a digital synthesizer with a large number of oscillators. Experiments were done using recorded stimuli with varying numbers of sine waves in a critical band. An experimental trial included three sounds, two of which were the same, with the remaining sound having a different spectral density. The tape was played to panels of listeners who were asked to decide which of the three sounds was different from the other two. The results showed that spectral densities which were just discriminahie from thermal noise were considerably smaller than those found in the masking study by Schafer et al. (1950) .
The results also showed that the required spectral density was smaller when the sounds were heard in a reverberant environment compared to a drier environment.
When the experimental tape used in Oerzso's expertmerits was heard repeatedly through headphones, however, an unexpected result occurred: The ability to distinguish *} Permanent address and address for correspondence.
between thermal noise and a less dense sound turned out not to be a monotonically decreasing function of the number of components in the less dense sound. We tentatively attributed this effect to the ability of the listener to learn to recognize certain intensity fluctuation patterns in the constant-Waveform stimuli and to make responses based upon those particular patterns. To eliminate this artifact, the experiments reported in the present paper were done in a way which made it impossible for the listener to learn patterns associated with a particular spectral density.
I. EXPERIMENT 1: SINE WAVEFORMS

A. Task
Subjects were presented with two sounds in succession; one of them, the standard, had 60 sine components, the other had a variable number N of sine components, 3 <N< 25. The subject's task was to choose the sound which had the larger number of components.
B. Stimuli
The sounds were produced by the 4C synthesizer at the Institut de Recherehe et Coordination Acoustique/Musique. By using the synthesizer, we were able to make each sound different from every other sound. The set of frequencies and initial phase angles for the components of each successive sound were determined by a different set of random numbers. This approach prevented subjects from learning a pattern of fluctuations which they could associate with a given number of components.
In order to minimize the effect on the bandwidth of randomly choosing the component frequencies, we put the components into bins, for both the standard and the test sound. For a given number N of components, we divided the band into Nbins of equal width in hertz; we put one component at a random frequency within each bin, using a rectangular probability distribution. All N components (N = 60 or N variable) had the same amplitude, proportional to the inverse square root of N, so that all sounds had equal intensity, 75 dBA, independent of N.
The synthesizer patch allowed 60 oscillators, which imposed an upper limit of 60 components for the most dense sound. The sample rate was 16 000 Hz, and the resolution with which frequencies could be defined was 16 000/ 224 = 0.001 Hz. The digital waveform was converted to an audio signal by a 16-bit DAC and an 8-KHz low-pass filter.
C. Procedure
The procedure was essentially a method of constant stimuli. The number of components in the variable sound took on 12 different values: 3,5,7 ..... 25. In each experimental block, there were ten repetitions of each value of N, presented in random order, for a total of 120 trials, lasting about 7 min.
Sounds were presented diotically by Beyer DT 48 headphones to subjects seated in a sound-treated room. Each trial consisted of five intervals: 600-ms warning interval, first sound interval of duration T( T----500, 1000, or 2000 ms), gap of 500 ms, second sound interval of duration T, and a response interval which was subject controlled. Sounds were turned on and off with a raised cosine envelope of 10-ms duration.
Subjects learned to identify the sound with the larger number of components during training runs in which feedback was given after each response by means of colored lights. When subjects believed that they had learned how to do the task, the feedback was turned off and testing continued until after it appeared that subjects had reached a stable level of performance.
D. Parameters
The primary parameters in the study were the band bottom frequency fb and the bandwidth W. The bottom frequency took on valuesfb = 500, 1000, and 2000 Hz. Some of the parameters. To obtain final data, we averaged the resuits ofthe last three blocks (30 trials per value of N for each subject} done without feedback, for each of the sets of parameters in the study.
E. Subjects
Three subjects, S 1, S2, and S3, participated in the experiments. Subjects S1 and S3 were authors and experienced listeners; all subjects had normal hearing according to their own reports.
F. Results
Typical data are presented in the psychometric functions in Fig. 1 . The abscissa is N, the number of components in the variable sound, which was always compared with a 60-component sound. The ordinate is the percentage of trials where the subject judged correctly which sound had the larger number of components.
As expected, performance generally decreases as N increases. It was not evident a priori, however, that performance would decrease monotonically with N. It seemed possible that several different cues would become available at different values of N and that performance might show a minimum or a second peak at higher values of N. For most of the values of the experimental parameters, the upper limit of N = 25 was well above the value of N for which performance had fallen to the chance level of 50% correct, giving us the opportunity to look for such nonmonotonic behavior. Second peaks did appear quite often in our data; Fig. 1 is typical in that respect. However, when additional blocks of trials were done, up to a total of ten blocks, the additional structure disappeared. Further, there was little agreement among the subjects as to the value of N for second peaks or unusually large dips.
We concluded that there was no systematic evidence that performance is not a monotonically decreasing function of N. The structure in the psychometric functions for individual listeners which suggested the contrary was attributed to our limited sampling. We therefore fitted the psychometric functions by eye with a smooth monotonically decreasing curve, and then found the 75% correct point, N(75), to describe a threshold. Threshold values for the various experimental parameters are given in the tables testing the hypotheses discussed below.
The tables show that values of N(75) for listener S3 were usually smaller than those for the other two listeners. This fact will not affect our tests ofthe hypotheses, which are done within subjects and across conditions. G. DISCUSSION
General
Apparently, the technique of equating the intensity of sounds with different N was successful in eliminating any usable loudness cuc. Subjects reported informally that they were unable to discern any loudness differences for any set of parameters tested.
Apparently, also, subjects learned the correspondence between the acoustical cues and the correct response from the feedback on training runs. The nature of the task was such that 0% correct would have indicated equally as good discrimination as 100% correct. However, the psychometric functions rarely fell much below 50% correct.
• For all conditions tested, except for bandwidths of 400 and 800 Hz, performance fell to the chance level with increasing N well before the maximum value, N = 25. This implies that, on the average, 25 components and 60 comporients sound the same. 2 From this, we infer that the sound with 60 components is actually asymptotically dense, i.e., that our results would not have been different had our comparison sound included an arbitrarily large number of components. For a bandwidth of 400 Hz, near N = 25, the performance was either below threshold or heading rapidly towards threshold. It therefore seems reasonable to regard the 60-component case as infinitely dense perceptually for bandwidths less than or equal to 400 Hz.
Hypotheses
A primary goal of this study was to elucidate the nature of the cues used by subjects to judge spectral density. A first attempt at consolidating the data and understanding the nature of the cues centered upon several hypotheses. a. Hypothesis 1: Constant performance occurs for constant' Q. Analogous to filter theory, the Q is defined as the center frequency divided by the bandwidth. The hypothesis says that for the conditions of center frequency/bandwidth equal to 550 Hz/100 Hz, 1100 Hz/200 Hz, and 2200Hz/400 Hz, all corresponding to Q = 5.5, performance should be constant. Table II . If the hypothesis is correct, then, for a given bandwidth, the entries in a given column should be the same. Comparison of these values suggests that the hypothesis has some merit. Conditions of constant bandwidth certainly lead to more constant performance than do conditions of constant Q (hypothesis 1 ). However, there is a tendency for performance as measured by N(75) to decrease as the band bottom frequency increases. Further, this decrease appears to be more pronounced for wider bandwidths than for narrower ones. These two points concerning the There are two classes of perceptual cues, loosely described as spectral and temporal, which might be involved in discrimination of spectral density. A spectral cue would correspond to differences in tone color or even differences in pitch associated with a small density compared to a large density. For small numbers of components in wide bands, e.g., three components in a 400-Hz band versus 60 components, such tone color and pitch changes can easily be heard, and they probably contribute to making the performance 100% correct in such conditions. Whether or not spectral cues play a role near threshold, however, is not immediately dear. The salienee of spectral cues depends upon the spectral resolving power of the auditory system. The impressive failure of hypothesis 1, where constant Q approximates constant resolving power, argues against spectral cues as pri- 
IlL EXPERIMENT 2:. COMPLEX WAVEFORMS
One of the goals of the present study was to gain some insight into the perception of instrumental choruses. We asked: How many instruments must there be in a unison chorus so that the resulting sound is indistinguishable from a very large number of instruments, given that the intensity is constant? Experiment 1 showed that, if the instruments are sine oscillators, then the threshold value is, for example, four, for oscillators playing C5 and almost a whole tone out of tune (.fb = 500 Hz, W----50 Hz). Such a small number is not consistent with one's ordinary musical experience with the complex tones of musical instruments.
To extend our study to sounds which are somewhat realistic musically, we performed density discrimination experiments using clusters of complex harmonic tones.
A. Stimuli and procedure
The single tone, which was the basis of the cluster, had the spectrum of a violin, taken from the IRCAM sound library (Gerzso et aL, 1978) . For different fundamental frequencies, different violin spectra were used: for a fundamental of 500 Hz C5, for 1000 Hz C6, for 2000 Hz C7, all including harmonies up to 6000 Hz. The relative harmonic levels, measured at the output of the power amplifier, are given in Table V . The harmonic components were added in sine phase to make the waveform. To construct the cluster of tones, we followed the same procedure as for the sine waveform in experiment 1. Fundamental frequencies were random within a bin of width W/3L Waveform amplitudes were scaled by the inverse square root of N to provide constant intensity for the clusters. The procedure and the subjects were the same as for experiment 1; all sounds were 500 ms in duration.
B. Results
Threshold data from the experiments with clusters of tones having a violin spectrum are shown in Table VI, The table shows that for subjects S1 and S2, and for fundamental frequencies of 500 Hz and above, the perfor= mance with the violin spectrum is approximately as good as the best performance measured for any harmonic of the violin spectrum sound, in agreement with the model. For example, for the 500-Hz fundamental, the threshold value of N for the violin spectrum is quite close to that for the 4th harmonic alone. The data for subject S3, however, do not show the expected improvement.
The experiments with a fundamental frequency of 250 Hz were done in response to comments on an earlier version of this paper; listener S2 was no longer available. The values of N(75) shown in Table VI show that performance for the violin tone is now less good than the best performance measured in any harmonic band. The model cannot explain that result unless it is supplemented with the qualification that a harmonic band cannot be used if it is within a critical bandwidth of another harmonic band. Using critical bandwidth given by Seharf (1970), we checked this qualified model against the other data in Table VI and found that the qualified model fails for the two experiments done with a fundamental frequency of 1000 Hz.
IV. CONCLUSION
The above sections havc presented data, hypotheses, and a model concerning the discrimination of spectral density in dense clusters of tones, where the tones have either a sine waveform (Sees. I and II) or a complex waveform (See. III). This section presents our conclusions for these two cases.
Our experiments found that for clusters of sine tones the largest spectral density which was ever distinguishable from a very large density was 80 components per kHz. This value of the discrimination threshold is considerably less than the value of 1000 components per kHz found Further experiments may place a limit on the number of harmonic bands which can be used to discriminate density and may determine whether information may be accumulated across different harmonic bands. To decide the basis for density discrimination for the complicated tones of musical instruments will require further work using sounds with all the properties of such complicated tones including asynchronous attacks, vibrato, and jitter, and individual intensity and spectral variations. probability density for frequency differences, multiplied by N(N-1 )/2. For the binned frequencies used in our experiment, the density of differences is a triangle, as shown in 
